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SYSTEM AND METHOD FOR TRANSMITTING AUDIO OR VIDEO DATA 
USING MULTIPLE LEVELS OF PROTECTION 



FIELD OF THE INVENTION 

The invention relates generally to digital audio and video data transmission 
and m particular, to transmitting multiple channels of digital audio and video data 
over serial data links. 



BACKGROUND OF INVENTION 

In today's technologically demanding society, there is a growing need to 
transmxt and receive electronic data more efficiently. To that end, several means of 
transimttmg and receiving electronic data currently exist A packet-switched 
network system or circuit-switched network system, for instance, provides some of 
the most common methods of transmitting and receiving electronic data. It should 
be noted, however, mat transmission errors may exist in any kind of data 
transmission. A packet-switched network, for instance, can be affected by 
transmission errors such as loss of packets. 

Transmission errors can severely hinder the efficiency of data transmission 
Consxder, for instance, a situation where a data packet is lost during data 
transmission. This is a relatively frequent problem encountered in packet switched 
networks. In such a case, the problem may be more complex than it may seem 
initially. When a data packet is lost during transmission, not only the data in the 
packet is affected, but also the data in other packets transmitted during the same 
transmission is affected. This is because data packets are generally transmitted in 
an organized sequence and that loss of one packet may affect the sequence of data 
transmission for the entire sequence of packet, As a result, a transmission error 
causing loss of one packet may further render all subsequent packets out of order 
and therefore useless. 



1 



PCT/US03/CHI967 

- notedthat.ho^ever.wWettasm ^^^^^^ Forexampl e, 

OT ° rS> * * ^ to certain transmission errors, it 

unit are changed due to eleetrical norse. 

t .d.eseerrordeteotionand/oreorreetionmethodaprovidethe 
Furthermore, these error ^ ^ 

same leve, of protection to the entue iength of ^ ^ 

^offhedar, M.-^J-^-J^ reducing 

- °"rrit greaL bandwidtb, such as fiber optics, rather 
commutation medium that allows gr oneofthe disadvantages of fiber 

thanusingme^meu,^ H^one^ 

inxnany situations, can be uneconomical. 

♦ m» be used fox transmitting and receiving audio 

APaCtet t^e Iti:— ^ — on error can cause 
orvideod^mr^^ w ^ Myresultina on 

"T ^ severe impact on the ouality of Ore output audm or 
delay. The delay can cause severe P yonI eal-mne 

.ueodata ^t-Lcedtat^y 
oommunicationofdata. ^. J 0 mixer afiows muidple audio 

sources (i.e., ^ ^^duce one or more audio outputs suitabie for 
O^eetnename ^ >^ o ^ ^ used tod ay in a varied of appUcahons, 

broadcast to many users, au transmitting, receiving, 

pmvidmgmanyfUncfions.Wudmg.amongomers.transnn g. 



WO 03/063465 

PCT/US03/00967 

need for . , 7 <*ono„ncaIIy. In particular, (her. exists a 

^-^ofd.vicea^^ar,,^^^^ ^ 
™- Msts yet . ^ need fc , ^ ^ ^ 

audto and vtdeo data aa we U as generic digita, ^ over my ^ ^ ^ 
SUMMARY OF THE INVENTION 

~ ta* pnonty bite and the chec* Wte and ,« «. payioads fo^ 
d-eredundant^oftehigip^^^^^^ 

a^ of m ^ 
associated with the receiver and the transmitted count value. 



PCT/US03/00967 

WO " 3 ""' Mf ' 5 tAU> a data transmission and distribution ' 

present — n^so^» - a s&nnedftom 

^:^r w =^^sa.^ 1 o^.o,o f 

an entire frame of the interleaved samples. 

• ic^ Erected to a system for transmitting and 

diluting audio or video tnfo— V ^ ^ ^ ^ 

mo du,es arranged in ^ mixing actions 

that end with a master module. Eachntpu ldancewilh »he 

inactions to me next rnput module ui the ^ 
„ urtroducedinto themixed signal as it moves through the cham. 

„ „™ent the system mcludes a phmmty of control surfaces for 
ta „ B e embodrment, me syst ^ 
^eousiy contooUmg system parameter >a^o ^ 
m0 dnles and output busses. Oneormoreofthecontro 
^edinloeanonnomfoelnpnt.ontpntandmastermodmes. 

. mt te ^em includes a digitally remote controlled 
^^^^Ilaconn.Hurfocema.isphysicaUy separated 
ndcrophonepreamp controlled from a ^ te sent 

reg ardless of the order iir which the rnput modules are 

mix in a time aligned format, 
distributing audio or video mfonnauon. The system 



WO 03/063465 

PCT/US03/00967 

module and muKip.e ^ ^ ^ ^ ^ ^ 

dam units where each receiver can tap into a common set of digital channel 
generated by a transmitter. Each receiver can create its own user adjustable mix 
based on one or more signals from the common set of digital channels. 

In one embodiment, each receiver can output one or more signals from the 
common set of digital channels. 

fa one embodiment, each receiver employs a digitally controlled analog 
master audio gain control that automaucaUy adjust itself to keep an overnu output 
volume cons** when an individual channel's volume is raised to its maxim J 
Agfa, Icveh The system automaucaUy lowers the digital volume leve!s of aU other 
channe s and raises the master gain, thereby effectively raising the vohune of the 
chanue, that is a, its maximum digital ,evel thus aUowing greater dynamic range 
control of the digital mix. 



BRIEF DESCRIPTION OF THE DRAWINGS 

Figure I -blockdiagr^ 
system, in accordance with the present invention. 

Figure 2 is a diagram showing a detailed representation of the payload in 
accordance with the present invention. 

used • I'" 1 " , " 3 diS8ram ShOWbg 4 d6tailed ™**ion of one 24-bit sample 
used in the payload, in accordance with the present invention. 

^isadiagramshowmgdet^^^ 
used m the payload, in accordance with the present invention. 

Figure 5 is a block diagram showing a data transmission and data clock 
recreation system, in accordance with the present invention. 

Figure 6 is a diagram show 
distribution system, in accordance with the present invention. 
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Figur e 7 is a Mo* diagram showing an expanded view of the — » 
Fig. 6, in accordance with the present invention. 

Figure 8 is a block diagram showing an expanded view of the receiver in 
Fig. 6, in accordance with the present invention 

Figure 9 is a block diagram showing anofcer embodiment of a data mixing 
«* distribution system, in accordance with the present invent™. 

Figure 10 is ablock diagram showing an expanded view of themaster 
module in Fig. 9, in accordance with the present invention. 

Figure 11 is ablock diagram showing an expanded view of the input module 
in Fig. 9, in accordance with the present invention. 

Figure 12 is a b.ock diagram showing an expanded view of the receiver in 
Fig. 9, in accordance with the present invention. 

Figme 13 is ablock diagram showhrg an expanded view of the conho. 
surface in Fig. 9, in accordance with the present invenhon. 

Figure Hisadiagmmshowingye.anomerembodimentofda.mixingand 
disrtbntion system, in accordance wim the present invention. 



DETAILED 



DESCRIPTION OF THE PREFERRED EMBODIMENTS 



^^edlaccnrd^cewimmecon.spondmgdefimdonsse.formbe.ow: 

^cation-Specific Integrated Chcuif • or "ASIC" shan mean a microchip 
designed for a special application, such as a particular kind of tran— 
protocol. 

i i • ™*i fhsit tracks the bits of audio data 
"Bit Clock" shall mean a clock signal that trades me 

converters. 
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"Center Section" shall mean a section of data that contains the lower bits of 
the audio sample data. 

"Channel" shall mean a separate line of audio data, where each channel 
represents a stream of audio data 

"Critical data" shall mean the data that cannot be lost without having to 
interpolate missing data on the receiver. 

"Cyclic Redundancy Check" or "CRC" shall mean a checksum that is 
calculated on a stream of data to provide a security check that the data arrived at the 
receiver without error. CRC-32 means that the checksum algorithm is calculated 
out to 32 bits. 

"Error Correction Code" or "ECC" shall mean appended data that is being 
read or transmitted to allow for error checking and correcting on the fly. See FEC. 

"Ethernet L/R Count" or "ELR Count" shall mean the number of Ethernet 
clocks per payload (defined by a fixed number of L/R clocks), as counted on the 
transmitter and sent to the receiver. 

"Ethernet Clock" shall mean the clock signal that drives the data across the 
Ethernet. 

"Forward Error Correction" or "FEC" shall mean a method where data can 
be encoded with extra "check" bits prior to transmission. At the receiver, the check 
bits provide a way of not only detecting bit errors, but correcting them as well, 
avoiding retransmission (which would not be acceptable for audio or video 
streaming applications). See ECC. 

"Frame" shall mean a package of data that is recognized by the hardware 
interfacing with the outside world. Data sent using Ethernet drivers must be framed 
following the Ethernet protocol. The application-specific data contained within the 
frame is independent of the Ethernet standard 



"Idle" shall mean the time between frames that the line has no activity. 
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•■Left/Right Clock" or -OR Clock" stall mean the clock signal that tracks 
the start of each new sample. 

Sodium Access Control" or "MAC" stall mean «he teyer of hardware mat 
Iesi desabove,hePhysicalLayer. A, <Ws layer, date packete are eneoded and 

decoded. t 

"Master Clock" shall mean the clock signal that drives the A/D's and D/A's. 

„ ~f from^Q that contains the encoded data 
"Payload" shall mean a collection of frames that contain 

that is sent over the CAT-5 wire. 

••Phased Lock Loop" or "PLL" stall mean a section of hardware mat can he 
used to smooth out irregularities in a clock signal, such as a fitter filter, or it can 
be used as a frequency multiplier. 

.ThyslcrdLayer-'or'THYLayer-or'THr-shaUmeenthelowes. 

Coding eiectrical impulse, Ugh, or radio signal, mrongh the network a, me 
electrical and mechanical level. 

"Preamble" shaU mean a series of eight (8) specific bytes, dictated by tire 
Ethernet standard and recognized by me hardware, ma, indicate me ster, of a frame. 

Section" shall mean a section of date ma, contains Ore higher bits 

l. Hate The date in mis section is critical and warrants 
of the audio or video sample date. The oaia in 

the highest protection in tile system. 

^edundan, Section" shallmean a section of date** cnnteins a copy of the 
Pri^Section.I.ispmvidedasabackupofmedatainmeeven.ma.someora,, 

of the data in the Priority Section is lost. 

"Sample-shallmeananto 
analog voltage waveform at a given point in time. 

are taken per second to represent the event digitally. 
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System Overview 

In accordance with the present invention, a novel system and method for 
facihtating data transmission and distribution, and in particular, transmission and 
distribute of audio data and/or video data, is provided. The system and method of 
the present invention can be implemented in a variety of system configurations 
including without limitation, a multiplexer system that combines multiple signals 
mcludmg analog or digital or combination thereof, received from multiple input 
sources for transmission over a single line or medium. 

It should be noted that while much of the description herein regarding the 
systems and methods of the present invention pertains to data transmission and 
distribute of audio data, the systems and methods, in accordance with thepresent 
invention, are equally applicable to transmission and distribution of video data and 
other generic data, including without limitation, control data. 

One embodiment of the present invention relating to data transmission usin* 
data transmission system 100 is illustrated in Fig. 1. It should be noted that the 
configuration of data transmission system 100 represents one embodiment that is 
used to carry out the inventive concepts of the present invention, and, as such, there 
are multiple variations thereof within the scope and spirit of the present invention. 

As shown, system 100 includes transmitter 105 coupled to receiver 107 
Transmitter 105 receives data from one or more channels 1 10 and transmit it over 
hnk 120 to receiver 107: In accordance with the present invention, transmitter 105 
nses data packets to transmit data. As described below, the data packets used in 
system 100 follow a data transmission protocol ("DTP"), which provides efficient 
data transmission while mamtaining a high level of data integrity. More 
specifically, upon receiving data from channels 110, transmitter 105 packetizes (or 
constructs) the received data into one or more packets using the DTP and transmits 
the packets to receiver 107 over link 120. Once received, the packets are de- 
packetized into (or reassembled into) the data using the DTP at receiver 107. 

It should be noted that, as described below, the DTP allows data 
transmission over a serial data link. System 100, therefore, includes link 120 
comprising Category-5 (or Cat-5) cable, along with standard Ethernet 100Mbit 
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PHY hardware. This configuration of link 120 comprising Cat-5 cable and the 
standard Ethernet 100Mbit PHY hardware allows a 100 Mb serial data transmission 
• rate between transmitter 105 and receiver 107. Furthermore, the configuration 
allows over 48 channels (i.e., audio channels) 1 10 to fit onto transmitter 105. 

In accordance with the present invention, link 120 may comprise other 
types of communication medium, including without limitation, CAT-5 10-baseT, 
CAT-5 100-baseT, 1 gigabit Ethernet, 100 gigabit Ethernet, other versions of 
Ethernet, infra-red, RF, wired, wireless, optical, or laser link. 

Data Transmission Pr otocol (DTP) 

As mentioned above, using the DTP, transmitter 105 receives data from one 
or more input channels 110, packetizes the data, and transmits the packetized data 
to receiver 107. It should be noted that, in accordance with the present invention, 
the DTP has bi-directional capability and supports transmission and distribution of 
multiple types of data, such as audio data, video data, and other generic data, 
including control data. Some examples of data protocols supported are Musical 
Instrument Digital Interface (MIDI), USITT DMX512/1990 (DMX), mouse, 
keyboard, and proprietary system control data. In one aspect, the DTP is aprotocol 
for multiplexing many channels of data - i.e., the DTP is used to receive data from 
multiple sources, packetize the data, transmit the packetized data over a serial data 
link, and de-packetize and reconstruct the source data. 

In accordance with the present invention, as described further below, the 
DTP provides, among other things, a variable bit protection scheme, error detection 
and correction scheme, and data smoothing technique scheme. These schemes 
provided by the DTP facilitate efficient and effective data transmission and 
distribution while mamtaining data integrity. In particular, the DTP allows a 
scalable data transmission and distribution (e.g., the number of data channels and 
the quality of data channels can be scaled) to suit aparticular system configuration 
having a particular transmission link bandwidth. 

It should be noted that a data packet, which follows the DTP, in accordance 
with the present invention, includes the payload that can be configured to best suit 
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the given configuration of a given data transmission and/or distribution system. 
More specifically, the DTP provides, among other things, a payload structure that 
yields less delay time, more channels, and a higher sample rate, all of which may be 
required to suit the need of the given system configuration. In particular, the 
payload structure of the DTP is designed to withstand a noise burst, which can 
destroy over half of the payload, without having to interpolate a missed sample. 

Fig. 2 shows the structure ofpayload 200 included in a data packet that 
follows the DTP to transmit data over a serial data link. Note that the embodiment 
ofpayload 200 as shown in Fig. 2 relates to receiving, packetizing, transmitting, 
and distributing 48 input channels of 24-bit audio data over Category-5 cable using 
standard Ethernet 100Mbit PHY hardware. This configuration results in a 100Mb 
serial data transmission rate. 

It should be noted that the embodiment ofpayload 200 as shown in Fig. 2 
represents one embodiment that is used to carry out the inventive concepts of the 
present invention, and, as such, there are multiple variations thereof within the 
scope and spirit of the present invention. For instance, while much of the 
description herein relates to transmission and/or distribution of audio data bits using 
payload 200, it should be noted that payload 200 is equally applicable to other types 
of data, such as video data and other generic data including control data. 
Furthermore, the DTP provides for, as noted, adjusting of channel count, channel 
quality, and channel type (audio data, video data, and/or control data), based on the 
available link bandwidth and desired system robustness (error immunity) for a 
given system's architecture and purpose. Accordingly, in other embodiments, 
payload 200 is used to receive more than (or alternatively, less than) 48 channels of 
data. 

In accordance with the present invention, payload 200 is designed to provide 
varying levels of protection on different sets of bits in payload 200. As described 
below, by ^it-spurting" audio data into several sets of varying priorities, the most 
miportant bits can be protected with an FEC algorithm and redundancy, the 
moderately important bits protected with redundancy alone, and the least important 
bits protected by that what is inherent within the transmission medium's physical 
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layer. Using this variable bit protection scheme, payload 200 facilitates a robust 
data transmission and distribution within the time allotted while maintaining data 
integrity. 

As shown in Fig. 2, payload 200 comprises three sections: priority section 
210, center section 220, and redundant section 230. Redundant section 230 is an 
exact copy of priority section 210. The priority section 210 contains all of the 
critical data of payload 200. As noted, the "critical data" is the data that cannot be 
lost without having to interpolate missing data on the receiver. The ELR count, 
which is used to generate the L/R Clock on a receiver, for example, is contained in 
priority section 210. 

Priority section 210 comprises twenty frames 240 (i.e., Frame Nos. 1-20). 
Note that each frame 240 in priority section 210 includes preamble 250, audio data 
252, reserved data 254, and CRC-32 checksum 256. Also note that, for the 
purposes of completeness, idle time 258 is included at the end of each frame 240. 

Audio data 252 includes, as described below, high priority bits of data 
required to deliver proper audio information. Preamble 250 comprises 8 bytes of 
preamble data that are denned by the Ethernet standard. The preamble data 
includes a sequence of bytes that the PHY Layer needs to see in order to recognize 
the start of frame 240. At the end of frame 240, the line must go idle for 960ns, a 
period of time which is equivalent to 12 bytes. This period allows the PHY Layer 
to reset and begin searching for the next preamble. 

Note that a 32-bit CRC value is included in CRC-32 checksum 256 of each 
frame 240. The 32 bit CRC serves as a first line of protection against data 
transmission errors. If the CRC for frame 240 is good, for instance, it is assumed 
that frame 240 is valid and no further error detection or data recovery needs to 
occur. 

As noted, the DTP is a protocol for handling multiple channels of incoming 
data. Reserved data 254 includes a reserved space for accommodating additional or 
future data. In one embodiment, the ELR count resides in reserved data 254. In 
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another embodiment, MIDI files use reserved data 254 during data transmission 
and/or distribution. 

As noted, redundant section 230 of payload 200 contains an exact copy of 
the frames that appear in priority section 210. Thus, redundant section 230 
comprises twenty frames 240' (i.e., Frame Nos. 23-42). Like that of priority section 
210, each frame 240' in redundant section 230 includes preamble 250', audio data 
252', reserved data 254', CRC-32 checksum 256', and idle time 258'. 

It should be noted that, in accordance with the present invention, including a 
duplicate copy of priority section 210 in payload 200 provides a protection against 
two types of common errors: a burst error that can wipe out the entire set of frames 
m Priority section 210 and a single bit error in preamble 250 that conld cause a 
frame 240 to be dropped by the PHY Layer. These types of data transmission 
errors can be greatly minimized by including redundant section 240' in addition to 
pnority section 240 in payload 200. For instance, after receiviug packetized data 
recover 107 has several options if an error is detected. The first approach for error 
detection and recovery would be, as noted, to check the CRC (i.e., 32-bit CRC 
checksum 256) of priority frames 240. If the CRC is good, the priority frame 240 
can be used. On the other hand, if the CRC is bad, the respective redundant frame 
240' can be checked. If the redundant CRC is good, the respective redundant frame 
240' can be used. 

As shown in Fig. 2, payload 200 fiuther comprises center section 220 
which includes two (2) frames (i.e., Frame Nos. 21 and 22). Like that of priority 
section 210 and redundant section 230, each frame 240' ' in center section 220 
includes preamble 250'', audio data 252", reserved data 254", CRC-32 checksum 
256", and idle time 258". 

A method of bit-sphtting sample data into multiple sections in payload 200 
m accordance with the present invention, is described herein. As noted, while the ' 
embodiment of payload 200 shown in Fig. 2 relates to 48-channels of input the 
discussion that follows herein uses 1 -channel for purposes of simplicity. Similarly 
it should be noted that a total of 100 samples are used in the embodiment of payload 
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200 shown in Fig. 2. Thus, each frame 240 of priority section 210 includes five 
samples, resulting in the total of 100 samples per priority section 210 (or five 
samples per frame times twenty frames). Likewise, the same number of samples 
exist in redundant section 230 since it is an exact copy of priority section 210. In 
accordance with the present invention, it should be noted that the number of 
samples per payload 200 could be modified. That is, the number of samples could 
be changed to another figure - e.g., 96 samples per payload 200. If 96 samples are 
used, for instance, priority section 210 would include 16 frames with 6 samples per 
frame 240. 

As noted, each sample comprises 24-bit data. For bit-splitting purposes, 
each 24-bit sample is designated as having 1 1 bits of high priority data required to 
deliver proper audio information (to a receiver or other receiving unit) and 13 low 
priority data that adds dynamic range and definition. From the eleven bits in the 
high priority data, 9 bits are considered critical. Accordingly, these twenty-four bits 
can be divided into three sets of varying audio priorities - i.e., a first set having bits 
1-9 that are high priority and critical, a second set having bits 10-11 that are high 
priority but non-critical, and a third set having bits 12-24 that are not high priority. 
These 24 bits can be treated differently based on the significance attached to each 
set of bits. 

Fig. 3 is a detailed representation of one 24-bit sample data 3 10. In 
particular, Fig. 3 illustrates a scheme of splitting bits of sample data 3 1 0 into 
multiple sets ofprioriti.es. As shown, from 24-bit sample data 310, the first eleven 
bits are designated as high priority bits 312. Further, from the bits in high priority 
bits 312, the first nine bits are designated as critical bits 314 and the remaining two 
bits are designated as high priority, non-critical bits 316. The remaining 13 bits in 
sample data 310 (i.e., bits 12-24) are designated as low priority bits 320. 

From each twenty-four bit sample, only the bits in high priority bits 3 1 2 
(i.e., bits 1- 11) are placed in priority section 210. The remaining bits of sample 
data' 310 (i.e., the bits 12-24 in low priority bits 320) are placed in center section 
220. It should be noted that the bits in high priority bits 3 12, by being placed in 
priority section 210, are transmitted twice - once in priority section 210 and then 
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again in redundant section 230 Nnww a. ^ , 

hitwi , * n ^ u - N ote that, from the eleven bits from high priority 

bits 312, only the bits from critical bits 314 fie thebitslQ. ■ 
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Accordingly, in accordance with the present invention, after receivin* and 
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256, and twelve bytes of time in idle time a, 
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priority audio data areplacedta audio data 252 . 

in accorucuiv center section 2ZO is 

to provide a lengdr of time between pnonty secrio > 2 0 and * 

between the two copies of the high pn °"^^^ o™^undant section 230 and still 
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priority bits 320 could afco ^ ^ ^ fte 

lossofiesolutionwouldgotoliwtsioi 

of the channels (i.e.. 24 channels) would be affected. 

„ • „ it should be apparent that there are several reasons 
Bssed on the foregone « ^ ^ SKtUms . 

^««-«- d ^ 1 ^ 0 ^ ytobibtoKg bpri^b i .3 1 2are 
^rC^StS htcrlashtstherateofda.— onwhile 
stored in pnonty secrion 210, the* V ^ ^ ^ ^ m 

fflinimizillg data transmtsston errors. Second, CTCodcd 
critical databits 314 (i.e., dte first 9 bits nt htgh pnonty btts 312) 
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with a forward error correction scheme th»+ n 

correct errors unnn - • aUows receiver 107 to detect and 

1 err °rs upon receiving the data v^u 
accordance with the n Furthermore, as described below, in 

-p-es are .„s< upon . loss of „ ^Z!^ " 

algorithm Bei„*, h leal bits 314 of each sample are encoded with an FEC 

^orm me encoding. Korma^! ^ " "»« 

In one embodiment, a 24/1 8 Hamming Code is -n.- , • 
^^^'^^O.e.^^pwJ^:^^ 
check bits. The resulting ontpu, is a 24 hi, stream^T ^ "* 6 

FEC algorithm will detect J 1 , ^ "" 0 * d ™ e *«« 

invention, and mar there am mTT ° f preSent 

can he eas iIy ^ IT"" *~* ~ 200 

y amea based on a particular system configurari™ tt, • . 

protecdon of the data wLe much of 7, d ^ <* 
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The channel c- could be reduced, for example ft- « ^ rf 
formatted to offer an 8-bit auoio u 



more 
be 



p a ta Interleaving 

facilitates interleaving of the samples. rf ^ 

. ,i.„=t 4 frames wart from one another, 
consecutive samples are at least 4 frames ap 

jf „ OT burs, raxes out one frame 240 of d*a in priori* section 210, a 
r » 240') of this frame 240 is available in redundan, sechon 230 
copy (r.e., frame 240 ) of ^ be a dtuation where more 

within the same payload 200. Howe if m error burst was 

- A , ■ Tia ,4 a ta transmission. For instance, i± ^ 
protection is needed dunng data tran ^ ^ 

iong enough ,o corrupt me entire pnortiy section 10 ^ 
aesfroyeti one frame 240' within redundan, section 230 mm m 
Im pl esacrossan48channe k mmeframe240wouldbe.os,. 

m ™dlv tourgSsarnpleswittunanaudioda.astteamwouldbe 

^Ts^ces on each channel within me 2mS audio datir stieam 
that there would be 5 places on o 
where a single sample would need to be interpolated. 

„ „ resent invention, using aproper interleaving 
In accordance wuh the present mven n. 

could destroy 4 consecutive frames of dam and no w 

W onld be lost These missing (non-consecuuve) audro samples may 

accmulelyreconattuctedwiminterpolation. 
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*~o D tune be^en co^ve a Udio sampIes . ^ ^ m ' 

W con.au* 5 san.Pl* (A-E). There are 20 iraraes i, the priori* ^ 
samples are numbered 1-100. 

TABLE 1 
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An n ment invention, the exemplary 
mgeneralandinacoordancewxththepresentm 

established using the followuig aigor 
priority section and y samples per frame: 

SAMPLES_PER_FRAME = y; 

FRAMES_PER_SECTION - x; 

FRAME_SAMPLE_BIAS = IOT(S AMPLES JPER_FRAME 

Frame = 0; 
Frame_Sample = 0; 

Dest_*anre_Start= S AMPLES J>ERFRAME - 
FRA ME_SAMPLE_BIAS; 

Dest_Sample - Dest_Frame_Start; 

Note that abuffer exists, Dest.Bufier, which is pointed to by 

catwtpt* SIZE is processor-dependent and is used for 

s=» , 

,. Calculi de—buffer pointer based onDes.ina.ion Sample 
number.*/ 

D e S ,.Buffer.P tt -Des._Bu ff e t _SUrt + ((DcstSan^c- 

n*SAMPLE_SIZE) . 

• amo ietothedestinationbufferattnelocationpointed 

Copy the inconnng sample to tne act, 
to by Dest_Buffer_Ptr. 

/* CalculateNextDestinationSampleNumber*/ 

Frame = Frame +1 

If (Frame < FRAMES_PER_SECTION) 
. If(Fra me_Sampl=<(SAMPLES_PER_FRAME-l) 
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Frame_Sample = Frame_Sample + 1 

Dest_Sample = Dest_SampIe + FRAMES_PER_SECTION 

Else 

/* Calculate new Dest_Frame_Start */ 

Dest_Frame_Start = Dest_Frame_Start - 
FRAMESAMPLEBIAS 

If (Dest_Frame__Start <= 0) 

Dest_Frame_Start = De S t_Frame_Start + 
SAMP LESPERFRAME 

Endif 

Dest_Sample = Dest_Frame_Start 

Endif 

Else /* Last frame in transmission, payload interleaving complete */ 
Frame = 0 

FrameSample = 0 

Dest_Frame_Start = SAMPLES_PER_FRAME - 
FRAME_SAMPLE_BIAS 

Dest_Sample = Dest_Frame_Start 

Endif 

Using the sample interleaving algorithm illustrated above, the risk of ,„si„ g 
2 consecutive samples ean be gmatly minimized. It should be noted, however, 
to me aigonthm described above Ulustrates an exemp.ary algorithm, and, as such, 
there are tnultip.e variations of algorithms that can be used witt the present 
mvention and within me seope and spirit ofthe present invention. For instance, i, 

tz n ** whue tte ^ ^ method ° f -** 

tire algonthm shown above, relate to me samples » priority section 210 and 
redundant section 230, the ^ ^ method of ^ ^ ^ 

accotdance witt, me present invention, are dually apphcab.e to the samp.es in 
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center section 220. » is, the system and method of the present invention can be 
used to interleave not only the high priority bits in priority section 21 0 (and 
redundant section 230), but also the low priority bits in center sectron 220. 

Data Clock "Recreation 

In accordance with the present invention, a system and method is provided 
for transmitting da* over an asynchronous link that provides a synchronous 
recreation of the transmitter's data Cock at a receiver. In one aspect, the system 
and method of the present invention can be used ,0 recreate (or regenerate) the 
fcansmmer-s data clock in the receiver with nothing more than the Ethernet Cock 

foi a non-Ethernet system). 

Kg 5 shows data transmission and data clock recreation system 500, in 
accordance with the present invention. As shown, transmitter 510 is coupled to 
receiver 550 over link 505. In accordance with one aspect of the present mvention, 
Unk 505 comprises any asynchronous link, including without limitation, a 
transformer, optical, or RF isolated data connection. 

It should be noted mat the embodiment of system 500 of Fig. 5 represents 
one embodiment that is used to carry on, the inventive concepts of the present 
invention, and, as such, mere are multiple variations thereof within the scope and 
spirit ofthe present invention. For instance, while much of the description heretn 
lea to transmitting and recreating an audio data Cock, system 500 of me present 
invention can be used to transmit and recreate a video Cock. 

As shown transmitter 510 comprises, among other things, count generator 
520 da<apacketizer530,andEtherne«PHY540. Count generator 520 recetves 
signals from audio data clock 512 and Ethernet Cock 514 and generates count 
vah.es 522. Note that Ethernet Cock 5,4 drives Ethernet PHY 540 and that andro 
data Cock 512 drives A/D's (no, shownhere). Rshould be noted that audro data 
Cock 512 and Ethernet Cock 514 are asynchronous. 
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audio £L ~ a C '° Ck ** 

° aata5 26)gomg into transmitter 510 Anrfm^, , , 

^ ^ data ( , e ., audio ^ ci r- bi ci :° " d °* ** 

signals (,..., count vahie 4 caT *" ^ 

fc.L 5 ^^"^en, of system 500 

shown m Fig. 5, aud,o data clock comprises the L/R clock. 

To generate count values W) rnnn* 

number of u 520 °° mpares ^unts the 

number of asynchronous Ethernet clocks Si A ™> u ^ 

w wocks M 4 per each audio data rWt ^ i o a >r 

514. Doing so creates re-clocked audio data clock 572 Tt * u k 

synchronous with Ethernet clocks 4 aT ,H • 

nernet clock 514 and comprises the same asynchronous 

frequency as the original audio data clock 5n r nntlt A 

data clock 572 * „• ° Ck51 ~- 1x1 °^r words, re-clocked audio 

-JZ To T data clock 512 ^ jitter - ~* 

cycle and transmits the resulting count value 522 to data packets 530 

W ' Payload now contams «» count valne 522 that will be used to 
transferred to receiver 5S0 via the payload. 

Fernet PHY 540 ,s the lowest hardware layer where data meets the wire Th 

trough me network a, me electrical and mechanical ,evel. Tne packeuzeTdata 535 
■« transmitted to receiver 550 via link 505. 

Upon receiving the packetized data 535 receiver <tsn ., u ■ 
Ethernet clock Sira*.* , . receiver 550 synchronies its local 

■nonet ciock 562 to the packetized data SIS t„„«. 

aata535 - to °fo=r words, Ethernet clock 514 
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the Ethernet data 564 and Ethernet eloek 562, data de p 
eoun. vahte 522, generic dam 524, and andio data 5-6. 

562 (Somrecovery unit 560) to create to * 

„u to count value 522. In otor word,, as such, represents an 

• a ^ the recovered Ethernet clock 562, and, as sucn, y 
s^ehromzeu wtth the recove ^ ^ ^ ^ ..^ 

accurate representation of the original a 

dock 572 and removes the jitter. That 
is, using re-clocked audio data clock 57-, F ^^free audio 

^0^582 - d ^ 10 *^!ndiodaucloek5 8 2eanhensed.o 
cr eate master clock 384 far to g ^ ^ ^ ^ ^ „ 

ZZ^^ — nomdatade.acket.r565. 

------ " 

recreaungaudiodatacoc ^^otor variations of 

— 11 m4 ^r^r^corpomte to inventive concept of the 

present invention and are wnoui 

+ . P ^ £ ohows one embodiment of 
In accordance with the present invention, Fig. 6 shows 
In accoroau transmit and 

personal mixing and distention system 600 that can 
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distribute date over mmup.e receivers. I, shouU be noted that system 600 
« one embodiment that is used to cany out me inventive concept, 
Pn*en. urventron, and, as such, there a. muhip.e variations thereof wil me 

Uklw^ruT y "I"'*'*''' ° r deCreased d Vndiug on the system configuration, 
dependmg on the system configuration. 

_A. shown in Fig . 6, in accordance with the present invention, transnuUer 

r no l7r r more "* *** *-* 610 md «» » 

« , matag system 6 oo „ formum . chamel profesionai audjo 

^^**"*--*«*.«*-«0< W . tt * aa a Its hou,dbe 
noted *a whOe «* Qf ^ 600) ^ shQwn fa 

' 7*" 600 ' m aCCOldan « a.epresentinvention.ean foUowotoer 
protocols, mchrding without limitation, traditional Ethernet 

In accordance with the present invention, Bnk 620 comprises a high speed 

^~-«** ^—entorsystem^asshownfpn' 
uteludes hn. 620 comprising Category-5 cable in conjunction wim stendard 
^eme, 10 0Mb„ PHV hardware. * configuration provides a !00Mb seria, date 
tiansnussron rate. It shouM be noted mat, however, in accordance with the present 

1000Mbit form, m. Wireless (e.g., 802,1 1 link), or laser. 

It should be noted that, in system 600, transmitter 605 is connected to a 
group of receivers 650 via lb* 620 in a daisy-chain configuration. As described 
below, usmg the DTP in a daisy-chained configurer, each reoeiver 650 can 
prov.de dynamic and inteUigen, scahng functions to its oaten, channels 695. m 
P^tadar, each reoeiver 650 can monitor the e n0 r counts in real-rime as i, receives 
d^More S pecmca,ly,receivers650canreceivemedate,ana,y 2 emepay 1 oJI 

ZT^T oa (e ' 8 - chaffiel — ■ «« — i - ) 

and then feed baclc connol data to nansmiher 605, insnncnng hansnritter 605 ,o 
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dynamical* scale to payload «o provide the bes. payload format to achieve to 
dLd resutts in the given environment. Alternative* or admnonaUy, rivers 
65 0 may simply feed bade to raw error count hribrmation, leaving to analysrs and 
subsequent scaling decision algorithm to transmitter 605. 

b accordance with to present invention, as long as transmitter 605 provides 
a format identifier with to packet, receivers 650 canbe grouped so to. one 
receiver 650 can receive a specific set of channels 610 a, one quahty level, - 
another reiver 650 gets another quality level of audio data over a afferent se. of 
OanuelsfilO. With mis flexibility, system 600 can be adapted to a .anety of 
environments and/or applications. For instance, in accordance with topresen. 
invention, each receiver 650 can craft a unique mix of audio data that does no. 
affect to mix of to otor receivers 650 and can be continued by separate users. 

in particular, urrfer to configuration of system 600, each receiver 650 can 
read to data tiansmitted from transmitter 605 and ton immediately pass to dara to 
additional receivers 650. motor words, this configuration allows each™ 
650 to -nap" off to packetized data tiansmitted from transmitter 605 (or from otor 
divers 650) and read to specific channel 6.0 as desired. Also, two or more 
^em 650 can receive to data titmsmission and de-packetize (or reconstruct 
me da* simultaneous*. Thereafter, each receiver 650 can mix the da* to su, to 
respective local listening environment serviced by one or more output channels 695. 
Alternatively or additionally, in one embodiment each receiver 650 can tap 
common se. of digital channels generated by transmitter 605 and, .hereafter, each 
receiver 650 can output one or more signals from to common se, of mgrtal 
channels. 

ft sbould be noted tot, in accordance with to presen. invention, system 600 
allows each receiver 650 to employ a standard analog master gain control 
Alternative* or additionally, system 600 aUows eacb receiver 650 to employ output 
circuit 677, which, in one embodiment comprises a digitally continued analog 
master audio gain control tot can be used to provide an an.o-gai» adjustment 
system Tmsmeansto.,e a chreceiver650ca„pmvideintenigentfunetionaht IM . 
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channel, • cna °nel s 610. To assure that the user (at output 

voiume is raised to its maximum digital level Th™« 

■owe. the digha. vo.urae ,eve.s of I J^T h ' ^ ~ ^ 

m - .,. ^ c,cv<!ls ol all other channels 6 i 0 and raises the master 

^thereby ^Hve, y raisiagtte votoeof ^echarate, fi.Oaatis ^ 

converters^ » I ' ^ " ^ " h « ~ « — *B 

626 can also drive transmitter ASIC 616. ^ 
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^accord^oewi.hmep^enttovendon.Fig. 8 shows an e^mded view of 

^ve^OsbowninFig.d. »*™-*"*" MtS °ZZ£ 
,o.„r652 Like transmitter connector 634, recerver connector 652 
receiver connector to/. U<UAD m -^-mi^rnet 

■ n RJ 45 Category-5 approved connector. Note that transmitter Ethernet 
comprises an RJ-45 Category PP ^ 

PHY 654 interfaces with receiver ASK, bw xnroug 
interface 630. 

K should be noted OA in accordance with the present invention, tire 
emission (of data) is immediacy repealed, with vutuaUy no delays 
tnMmi tterEtherne t PHV632andtottansnutte t c 0 nnecto I 634. Therepeatod 

transmission is destined to additional receivers 650. 

b any event and in accordance wim the present invention, after receiving 
to ttansnnssion, receiver ASIC 660 de-packetizes (or reconstructs ) *. 

dria time, receiver ASIC 660 p«fbrms an error detection and correction 
^process, Mowing tire D T*. Following the EDACprocess, ^^j^ 
2. pril individua, I2S andio signals 662, seria. data 664, and word Cock 

outputs 668. 

rtshouldbe noted that in the emhodhnent of receiver 650, as showninFig. 

8, receiver ^ v nresents a single I2S output 672 to a 

mixer 670. Thereafter, receiver ASIC 660 presents g 
t „ D/A converter 6 75 and the optional digitally controlled analog master audio 
stereo D/A converter 6 & tt^W to one or 

gain control at output circuit 677. As noted, me uu 
more output channels 695. 

It shonid aiao be noted drat, in one enrbodiment, mixer 670 is large ~ough 

to accommodate more audio channel (i.e., up to the number of channels - the 
toaccomm ;„ p ie g in accordance with the present mvenhon, 

inputstream). As shown further in Ftg. 8, in a nanrotar/ 
Reiver 650 includes microprocessor 680, volume rotary encoder 682, pan rotary 
H6M.*— 686, andLEDs 688. Receiver 650 also includes a power 

supply circuit 910 supplying power to receiver 650, 

p 1t1 p^h-rtion and Mining System. 

to accordance with the present invention, a novel system and nretirod of 
^^^toti^mrtanddisttibuteaudioorvideodataoverane^orkhavmg 
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^!i? f m , od r isprovided - s "- a - 1 -.— 1*~ d-tad*.*, 

modules, master modules , ^ ^ ^ ^ ^ 

«o amonM "T to ^ diSttibU ' i ° a " d ^ 900 ** ~ ** DTP 

^-ong other ^ receiye , ^ ^ ^ 

2 d noted that of system om 

«- » , «d to cany ou, the inventive ^ ^ presm , ^ 

in one ££T~t "* " *"* ^ - «»*- ™ 

n-ne physical package ^ fa reia(iveIy c1om ^ om 

aodio nnxe. « ^ ^ ^ ^ • 
Package as theirmpn, outpnt ^ « 

*- a centra, location. ^ sjgn3 , s „ ^ ~ 

--ve.a^^^^^^ ^the 

ou^ut signals from the mixer are carried to their destinations over a relatively long 
^•««*i^^ < - tofltl ,^ eoiflyiIllIpB1B|D y 

system l^r 6 ^ ««— - -Xing 

™ T fc ^ a ^ mto ~-^«urctiona I nLn g 
iSLTL -Meeontin 8 

modttie^T ^ diSWbUti ° D ^ 500 — - 

" : ^ 930, ^ ™ 95 °- **« «0 are linked 

via link 920. Similarly, receiveis 950 ate linked to one another in a 

T"~ md ~-^-mas te rmod.e905v:L 
920. fri accordance with me present invention, link 920 comprises a high speed 
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Ethernet, 100 gigabit Ethernet, other versions of Ethernet, infra-red, RF, wired, 
wireless, optical, or laser link. 

In accordance with the present invention, the tactions of master module 
90S, which acts as a mixer, can be controlled remotely by primary control surface 
915 and/or secondary control surface 915". Alternatively or additionally, the 
functions can be controlled wirelessly by wireless control surface 915". Note that 
primary control surface 915, secondary control surface 915', and wireless control 
surface 915" are sometimes collectively referred to as control surfaces 915. H» 
hnk betweeu master module 905 and control surfaces 915 can provide audio as well 
as control data, thereby allowing remote effects units to be .ocal to control surfaces 
915 It should be noted that, in accordance with the present invention, different 
control surfaces 915, 915', and 915' • can use different transmission medta, wrth 
different bandwidti, to connect to master module 905. It should also be noted that 
any number of the control surfaces 915 cun be added to master module 905. 

As described in more detail below, in accotdance with the present invention, 
maatermodule 905 gathers all of the control information trom control surfaces 915. 
hereafter, master module 905 initiates the mixing process by adding any tnpnt 
signals created in master module 905 to mix busses dictated by tire control data 
gathered from control surfaces 915. 

A derailed illustration of master module 905 of system 900, distributing and 
mixing audio data is shown in Fig. 10. It should be noted that the embodiment of 
m as.er module 905, as shown, is an exemplary embodiment, and, as such, there are 
multiple orations thereof within tire scope and spirit of the present invention. For 
instance, while the discussion herein relates to audio data, master module 905 can 
be used to distribute and mix other types of data, including without limitation, vrdeo 

data. 

As noted, master module 905 gathers all of the control infotmation from 
control surfaces 915. Accordingly, as shown in Fig 10, master module 905 gamers 
the control date (and audio date if necessary) from control surfaces 915 via tnpms 
907 As shown, inputs 907 are communicatively coupled to connectors 924. 
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Multiple inputs 907 are provided to support simultaneous connections to control 
surfaces 915. 

Once received, the data are sent to data de-packetizers 911, which de- 
packetize and separate the control data and audio data. The control data are merged 
in control data merger 913. In accordance with the present invention, data de- 
packetizers 91 1 may also drive D/A circuits 914 to provide additional analog 
outputs without using busses on asynchronous serial data link 920. The oulput from 
D/A circuits 914 is provided to local audio outputs 917. 

Note that master module 905 starts the mixing process by mixing any local 
input signals 916 to master module 905 and any audio data from control surfaces 
915 that is destined to mix busses, in digital audio mixing block 918. Also note 
that, in one embodiment, input circuit 919 comprises a digitally remote controlled 
microphone preamp. In accordance with the present invention, the digitally remote 
controlled microphone preamp can be controlled remotely from any one of control 
surfaces 915, 915', 915" such that control data is sent from any one of control 
surfaces 915, 915', 915" to adjust the microphone preamp's gain at master module 
905. 

In any event and in accordance with the present invention, note that digital 
audio mixing block 918 also provides equalization (EQ) and effects. Thereafter, 
master module 905 takes mis mixed audio and control information and packetizes 
them in data packetizer 922 for transmission (over link 920) via output driver 
circuit 923. It should be noted that link 920 carries actual mixing bus information 
as well as control data through system 900. In one embodiment, output driver 
circuit 923 is communicatively coupled to connector 924, which couples to the first 
input module 930 in system 900. 

Referring again to Fig. 9, note that the output from data packetizer 922 of 
master module 905 is connected to the first input module 930. As shown, the first 
input module 930 is also designated as input module 930'. Using the daisy-chained 
topology, the output from data packetizer 922 is conveyed to other input modules 
930 in the chain until it reaches the last input module 930, which is also designated 
as input module 930". 
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Last input module 930' ' then sends the data to master module 905 over link 
920 via data input circuit 925. As shown, data input circuit 925 is communicatively 
coupled to connector 924. The data is then split and sent to output circuit 926 
communicatively coupled to receivers 950 and/or control surfaces 915. The other 
part of the split data is sent to de-packetizer 927, which splits the data into audio 
data and control data and drives digital audio mixing block 928. It should be noted 
that, in accordance with the present invention, the data is split to make local audio 
outputs 917 on master module 905. Accordingly, digital audio mixing block 928 
mixes, adds EQ and effects, and drives D/A 929 to provide analog audio outputs to 
local audio outputs 917. 

It should be noted, in accordance with the present invention, connectors 924 
comprise any link, including without limitation, a transformer, optical, orRF 
isolated data connection. 

Recall that the output from data packetizer 922 (in master module 905) is 
sent over link 920 to first input module 930'. This data is conveyed to all input 
modules 930 and eventually reaches last input module 930". Last input module 
930" then conveys the data back to master module 905 at data input circuit 925. 

Fig. 11 shows a detailed illustration of input module 930, of system 900, 
distributing and mixing audio data, in accordance with the present invention. It 
should be noted that a control bus independently addresses each of input modules 
930 in system 900. The control bus, in accordance with the present invention, 
includes information for varying a gain, frequency, or effects associated with an 
input channel, output bus, or a mix. 

Further, each input module 930 processes its own input signals. Some of 
the processes that input module 930 performs include, without limitation, an AID 
conversion, equalization, effects, and time alignment delay. After processing, input 
module 930 adds the signals to the busses carried on data link 920. 

As shown in Fig. 11, input data enters input module 930 via connector 924 
at module receiver 932. It should be noted that input data is coming from either 
master module 905 or preceding input module 930. Data is then de-packetized by 
data de-packetizer 934 where data is split into mix bus audio data 941 and control 
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data 942. It should be noted that local audio signals 935 enter input module 930 at 
input circuit 936 and are digitized. 

Note that, in one embodiment, input circuit 936 comprises a digitally remote 
controlled microphone preamp. In accordance with the present invention, the 
digitally remote controlled microphone preamp can be controlled remotely from 
any one of control surfaces 915, 915', 915" such that control data is sent from any 
one of control surfaces 915, 915', 915" to adjust the microphone preamp's gain at 
input module 930. 

In any event and in accordance with the present invention, the digitized 
local audio signals 935 are delayed by the necessary sample amount in sample 
buffer/delay generator 938. Note that the amount of delay is determined by the 
position of input module 930 in the input module loop (i.e., daisy-chain), as shown 
in Fig. 9. This is done to time align the mixed audio output with sample level 
accuracy. That is, because mix busses are built in time, a specific delay is 
associated with each input module 930. In other words, each input module 930 has 
a defined delay that is used to maintain a final mix in a time aligned format 

For instance, in one embodiment of system 900 that comprises six input 
modules 930 where each input module 930 takes one audio sample period to 
process its input signals onto the mix busses, first input module 930' would mix 
onto the busses its current sample, the second input module 930 would mix onto the 
busses one sample previous to its current sample (from memory), the next input 
module would mix onto the busses two samples previous to its current sample 
(from memory), and so on, until last input module 930" (i.e., sixth) would mix onto 
the busses five samples previous to its current sample (i.e. input module 930' * 
would require memory to store five samples of audio data). 

In any event and in accordance with the present invention, digital audio 
mixing block 940 mixes and provides EQ and effects to the digitized and delayed 
local audio signals 935 per control data instmctions 942. That is, the output from 
digital audio mixing block 940 represents updated digital audio busses wim local 
audio mixed in per the control data 942. The output of digital audio mixing block 
940 is then packetized by data packetizer 943 and transmitted to next input module 
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930 by output driver 944. Output data 946 is then sent to subsequent (or following) 
input module 930 in the chain. 

In accordance with the present invention, input module 930 must de- 
packetize input data coming into input module 930 and split into audio data 941 and 
control data 942, followed by digitally mixing audio data 941 and its local audio 
signals 935 into the mixer busses per control 942 that governs input module 930's 
inputs. Also, input module 930 must preserve all control data 942 and re-packetize 
the digital audio data (i.e., 935 and 941) and control data 942 for retransmission to 
the next input module 930 where the entire process, as described, repeats. 

Referring again to Fig. 9, it should be noted that, in accordance with the 
present invention, any number of receivers 950 can be connected to master module 
905 and provide independent mixes of the system audio busses. Using this 
configuration, an infinite amount of mixes can be provided. It should be noted that 
the configuration of Fig. 9 allows each input module 930 to receive mixing 
instructions addressed to that module 930 and then passes a signal mixed in with the 
instructions to next input module 930. In accordance with the present invention, 
this process can be done while no human perceptible delay is introduced into the 
mixed signal as it moves through link 920. 

Fig. 12 shows a detailed view of receiver 950 of system 900 shown in Fig. 
9, in accordance with the present invention. As shown, data enters receiver 950 
through receiver connector 1252 and is passed to receiver PHY 1254. Receiver 
connector 1252 comprises an RJ-45 Category-5 approved connector. Receiver 950 
receives the requisite system data via the input data from receiver connector 1252. 
It should be noted that the transmission (of data) is immediately repeated, with 
virtually no delay, to Ethernet PHY 1232 and to other receiver connector 1234 to 
provide daisy chained data to other receivers 950 by buffering it and blocking it 
in ASIC 1260 via Ethernet ME interface 1230. 

After receiving the transmission, receiver ASIC 1260 de-packetizes (or 
reconstructs) the data. After de-packetizing the data, receiver ASIC 1260 sends 
separate audio I2S signals 1262 and data signals 1264 to other components such as 
D/A converters, digital signal processors, and/or microprocessors (not shown). 
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It St TT embodiment) with — 127 °- d ^ «*• 

*er oiock 1 270 mixes the audio channels into a stereo 

signal to an HS signal in converter 227, 7 

s in converter 1272, and outputs through D/A 1771 m A 

analog connections ou^utcircuit 1277 Theooto,,- „ ° J " D/A 1275and 
- output channels 1795 Notch,, , ^ ""^ K ^™«ed via one or more 

ennnnnedhvJ: ^ r 127t > adds EQ and effects and is 

m 7 I> ~ 128 °> *** also controls indicators 12 8S and 
~* to rotary encoders ,282, polennometers 1284. and switches , 286 

ftncuons of mastermodule 90S 2 3 t ~ ^ ^ '° «" 

microprocessor 1380 by using rotary encoders 1387 . . 
switches 1385. Microproce^ 

infonnationoyusing indicators 138.^^^^^-*- 

microprocessor 1380 per the control settings TheconW^ • 
packetizernoo v u Ihe control data is sent to data 

3" 1 32 °' WlUCh ^ - d P^tizes the control data with any local audio 

1310 connng m from A/D 1312 and transits the packetizerf rf t * 
905 via output circuit 1 322. P**enzed data to master module 

system components, such aa input modules 9301 ( ^ 

^-atheaumodataloanLc^ 

^^-^^^^.ca.anro^^ 
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and effects units. 

It should be noted M each audio channe! can have many different 

u a „r delay) In accordance with the present mvenfon, 

^processor **>**^ ^.e ccntml surfaces 915. 

change. For instance, note that m a sy ^ 
oo. all control surfaces need to control all parameters. In such a s to , . 

exclusive parameters for controlling their own respective local apace. 

A, uoted, me cenfigurauon of aystem 900 represents <~~*^£ 

channel regardless of me order in which tnput modules 930 are conn 
chain. 

ISgyagj Sg^iM and DataLgOBb^sheae 

toaccordancowimmepresemmven.ion.ada^h^sionand 

can repeat data signal ma, are in Ethernet format Addrhonally, a system 
each receiver includes an isolated power supply is provtded. 

„ Wo 14 chows transmitter 1405 

within the scope and spirit of the present invention. 

For instance, in Fig. 14, either — er 1405 or receiver ,450 
^acedwimtransmitrer 105, transmitter 5X0, transmitter 605, m.termodule 905, 



36 



WO 03/063465 

PCT/US03/00967 

input modute 930, control surface 915, receiver 950, receiver 550, receiver 650, cr 
rece.ver.07. Also, i, should be noted that while the embodiment she™ in Fig 14 
relates to data signals in Ethernet format, other embodiments of transmitter, 1405 
and receiver 1450 can be used with any ground isolated data link. 

In accordance with the present invention, transmitter 1405 and receive* 
1450 can receive, transmit, and distribute data signais ma, are in Ethernet fomta. 
and such signals are repeated along receivers 1450 using a daisy-chained topology. 
Tbr s ts accomplished by firs, keeping ,ink .420 isolated win, a hansfomrer, optical 
or RF tsolation, and then by implementing a ground isolated floating power supply 
1415. Tms combination allows the ground teference of receiver 1450 to float to the 
ground potential of external amp 1422 and speaker 1424. 

It should be noted mat providing isolated greunding is very usefu. since, in a 
typtcal audio and/or video distribution system, ground ioops can cause audio hum 
or vtsual artifacts. By providing isolated grounding to receivers 1450 that are 
chanted together h, , eac „ receiver ^ ^ ^ 

and/or visual artifacts. 

As noted, the present invention provides the system for each receiver in a 
cham to repeat dam signals mat am in Ethernet fonnat In accordance with the 
present mvention, tins is accomplished by wrapping tire data (received from 
transmitter 1405 orreceiver 1450) to an outout driver 1434. Morn specifically (he 
output data from transmitter 1405 (or receiver 1450) is transmitted to input receiver 
1430 and men to data .oop buffer 1432. The data is then sent to output driver 1434. 

Note that this configuration requires data loop buffer 1432 to account for the 
asynchronous nature of the recovered transmitter Ethernet clock and the receiver 
Ethernet clock. Also note that, using mis configuration as shown in Fig 14 a 
datsy-chained system can be implemented using the Ethernet topology. As known 
Ethernet only Mows either star topology or bus topology. This is very useful ' 
smce, m the configuration of Fig. .4, each receiver ,450 can ac, as a repeater white 
fofiowmg the Ethernet topotegy. As a result receivers .450 can have a maximum 
distance of over several hundred feet between one another. 
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WHlemuchofthedescriptionherein regarding the systems andmefcodsof 
Whxle much . - systems ^ methods, in accordance 

the present invention pertains to audxo data, the system 
with the present invention, are ecmally applicable to any other types of data, 
video data and generic data, including control data. 

and copper links. 
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What is claimed is: 

to of aud,o or v,deo Nation, whereto differ levels of „ 
«o drfleren, sou of bit, fa each pay,oad, comprising the steps of: 



<b) forming a group of check bits for each payload by applying 
oorrecoon a>gorithm to the high priority bite to thepayload: 



an error 



to.etowpnontyhi^da^.etofthetoghprio^bi^d.echec" 



(d) transmitting the payloads formed to step (o). 
L ne ; eth0d ° fcWm I - wb ---*pay,oad is dividedto to ahighprionry 
pnon, , section and the redundant seonon; and whereto the flrs, se t of high priority 

-P^^ce^^on.aadO.ered^^^^^' 1148 
placed in the redundant section of the payload. 

3. ^-thodofclahnz.wherein.hechechhfearea^plaeedtothe 
redundant section. 

icoLrro^ 1 '^"-"^--- 

1 fonJof T" f daim '* «"» "* of changing the size and 

*. fonn of each payload to response ,o enors occuntog a. a receiver. 
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priority section and the rednndant section. 

8 A data transmission and dilution system comprising: 

• a- #rrent levels of protection are applied to on 
information, wherem different levels y 

bits in each payload; 

group of checkbi.s for eachpaytaadby ^ . w ^ of fte high 

the high priority bits in the payload, forms e P 

set of the high 

the highpriority bits and thecheckbits. 

^fordi^n.hi^--^-^^ 
bits and low priority bits; 

rtf check bi ts for each payload by applying an 

_ «— ... . 

, h from a first set of the high priority bits, the 

-nsforfo^ 
check bits, the low pnonty bits and a r 

check bits; and 

-Hh. thenayloads formed fiomthe first set of the high 
m6 ans for transacting me pay! ( ^ rf ^ Wgh 

priority bits, me check bits, the to. pnorriy btts an 
priority bits and the check bits. 
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10. A meAod for synchronous recreation of. data clock at a receiver over an 
asynchronous link, comprising the steps of: 

(a) transmitting a count value associated with the data clock from a 
hansntitter to tire receiver over an asynchronous link as par, of an information 
payload that also includes audio or video information; and 

(b) synchronously recreating the data clock at the receiver using only a 
system clock associated with tire receiver and me transmuted count value. 

11. The method of claim 10, wherein tire count value includes a lefl/righ, (L/R) 
clock count value. v^*v 

12. Tire memod of claim 10, wherein the count value includes a bit clock coun, 
value. 

conn, v^ meth0d ^ Claim " - *« — b — •«—<*«* 

iiv^r^ ofctoio,wh ^ aec °^ v ^^- E *--^ 

1*. The method of claim 10, wherein the system clock corresponds to an 
■Ethernet clock. 



steps of: 



16. The method of claim 10, further comprising the 

(c) using a phase lock loop in the receiver to remove jitter from the 
recreated data clock; and 

(d) using the recreated data clock to fr« tP n „„ 

Create one or more sample clocks for 
dnvmg digital to analog (D/A) converters in the receiver. 



17. 



The method of claim 10, further comprising the steps of: 



(c) using a phase lock loop in the receiver to remove jitter from the 
recreated data clock; and 
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W ° ° 3 ""'' J4 ''' 5 , „„„ or more sample clocks for 

W usmgmerccreateddataclocuocreateon ormor 

18 . Ad *«— sionanddismhuhonsystemcompnsm* 

a transmitter; and 
a receiver; 

.^tre^^coun.valueassociated.imaoa.aclocU 
w h K eii» the transmitter transmi ^ as part of an 

of to transmitter to the receiver over an async ^ md wherein the 

— npavloaamatalso — > 

associated wiflt me recover and the transmr 

^.ed with the data clock from a 
„ rn vmt value associatea wiui «^ 

^ ^ + o riork at the receiver using only 

20. Ameurodfortransmimngasenesofpy Reaving me andio 

orvideosnmplesm^^-^. 
uponalossofan enure frame of the 

• „ tw> <;teo of recovering all lost 
^ i on further compnsmg the step oi 
2l . Thememodofc^,^ ^ ^ efr _ of „ed samples usmg a, 

samples resulting from the loss ot m 

interpolation over one sample. . ^ , 

, , • 20 wherein the audio or video samples are parUal 
22 The method of claim 20, wherein 
samples containing only high priority bits. 
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The method of claim 20, wherein the audio or video samples are partial 
samples containing only low priority bits. 



23. 



24. A data transmission and distribution system comprising: 



a series of payloads, each of the payloads formed from samples of audio 
video lnfomiation; 



wherein the data transmission and distribution system interleaves the audio 
or vuieo samples in each payload, and wherein no two consecutive samples are lost 
upon a loss of an entire frame of the interleaved samples. 

25. A data transmission and distribution system for transmitting a series of 

payloads, wherein each of the Davload* i«= f™™^ 

ime P a y ioa as is formed from samples of audio or video 

information, comprising: 

mean, for interfcaving the audio or video sample, in each paytoad, wherein 
no two consecutive samples are lost upon a loss of an entire fhune of the 
interleaved samples. 

26. A system for transmitting and distributing audio or video information 
censing a plummy of input modules a,ranged in series along at leas, one chain 
of mgh speed serial data links that end with a master module, wherein each inpn. 
modute receives mixing instructions addressed to mat module and men passes a 
s.gnal mixed in accordance, with the instructions to the next input module in «he 
chatn; and wherein no human perceptib.e delay is introduced into me mixed sigmn 
as it moves through the chain. 

27. He system of claim 26, wherein there is a set of receivers mat can tap into 
the common set of digital channels, and each receiver creates its own user 
adjustable mix based on one or mom signafe from the common set of digital 
channels. ^ 

28. He system of claim 27, wherein each receiver inCudes a local digits! signs, 
processor ma. independent adjus* a gain of one or more of me common channels. 
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fcU»26 wheretasaidsysternoutputsmuluplebusses. 
09 The system of claim zo, 

, , • 16 wherein the mixed signal includes data signals that 

topology. 

f la ™2 S w hereineachinpu,rnoduleinclndesapov,ers«pply 
32. The system of claim 26, wnercua 
with an isolated ground. 
33 . 

module; and 

iastructrons to the u* u ^ ^ to 

delay is introduced into the rruxeo B 

compnsmgaplurahtyot P master mod ule, comprismg: 

of high speed serial data links that end wit* 

♦ ^le mixing instructions addressed to 
m eans for receiving, at each input module, mixing 

that module; and 

• ♦ ^ule a sienal mixed in accordance with 
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of high speed serial data links that end with a master modute, said system further 
moludmg one or more output modules, wherein each input module receives mixing 
tnstrucfions addressed to mat module and the. passes a signal mixed in accordance 
wth the instructions to the next input module in the chain; said system further 
compnsing a ptaralify otc0ttttol Sllrfaces &r ^ ^ 

parameters associated with each of me input modules and output busses, wherein 
one or more of said control surface are physically separated in location tan the 
input, output and master modules. 

36. The system of claim 35, wherein each of the control surfaces is coupled to 
the master module via a connection selected from th e group consisting of: CAT-5 
10-baseT, CAT-5 fOO-baseT, 1 gigabit Khemet ,00 gigabit Ethernet, infra-raa, 
RF, wired, wireless, optical, and laser. 

37. The system of claim 35, wherein different control surfaces utilize different 
transmission media, with different bandwidths, to connect to the system. 

38. The system of claim 35, wherein the mixed signal includes data signals that 
are in Ethernet format and are repeated along the input modules in a daisy-chained 
topology. 

39. The system of claim 35, wherein each inpu, module includes a power supply 
with an isolated ground. 

40. In a system for tiansmitting and distributing audio or video information 
comprising a p.urahty of input modules arranged in series a.ong at !easf one chain 
of htgh speed serial data links tha, end wim a master modtde, said system further 
mcludtng one or more output modules and a plurality of control surfaces, a method 
compnsing: 

receiving, at each input module, mixing instructions addressed to that 
module; 

passing, at each input module, a signal mixed in accordance with the 
instructions to the next input module in the chain; and 
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of said control surfaces are physically sep 
and master modules. 

comprising: 

means for receiving, at cacn m P ul 
that module; 

. ~l„le asienal mixed in accordance with 
means for passing, at each mpnt module, a s lg nal 

m.mstrac.onstothenex.inputn.oduleinu.echam-, and 
input, output and master modules. 

om^speedseriald^^^^ ^ ^^mixmg 
including one or more output modules, wh fa 

with the instructions to the next mpu ^trolled from a 

master modules, wherein control data is sent tr 
microphone preamp's gain at an input module. 
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43. The system of claim 42, wherein the mixed signal includes data signals that 
are in Ethernet format and are repeated along the input modules in a daisy-chained 
topology. 

44. The system of claim 42, wherein each input module includes a power supply 
with an isolated ground. 

45. In a system for transmitting and distributing audio or video information 
comprising a plurality of input modules arranged in series along at least one chain 
of high speed serial data links that end with a master module, said system further 
including one or more output modules, a digitally remote controlled microphone 
preamp controlled from a control surface that is physically separated from the 
preamp, the input, output and master modules, a method comprising: 

receiving, at each input module, mixing instructions addressed to that 
module; and 

passing, at each input module, a signal mixed in accordance with the 
instructions to the next input module in the chain, wherein control data is sent from 
the control surface to adjust the microphone preamp 's gain at an input module. 

46. A system for transmitting and distributing audio or video information 
comprising a plurality of input modules arranged in series along at least one chain 
of high speed serial data links that end with a master module, said system further 
including one or more output modules, a digitally remote controlled microphone 
preamp controlled from a control surface that is physically separated from the 
preamp, the input, output and master modules, comprising: 

means for receiving, at each input module, mixing instructions addressed to 
that module; and 

means for passing, at each input module, a signal mixed in accordance with 
the instructions to the next input module in the chain, wherein control data is sent 
from the control surface to adjust the microphone preamp's gain at an input module. 
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47 A system for transmitting and distributing audio or video information 
comprising aplurahty of input modules arranged in series along a. leas, one chant 
of high speed serial data links mat end with a master module, said system former 
deluding one or more output modules, wherein each input module receive* rmxtng 
instructions addressed to mat module and men passes a signal mixed in accordance 
with foe instructions to the next input module in the chain; said system tether 
comprising aprotocollhat automatical enumerates each audio channel of a, least 
one of the input modules in a manner that assigns the each audio channel of «h e „ 
.east one input module to a given ch^ne. regardress of the order in winch me mpn, 
modules are connected along the chain. 

48 The system of claim 47, wherein me mixed signal includes data signals that 
„ in Ethernet format and are repent along me input modules in a daisy-chanted 
topology. 

49. The system of claim 47, wherein each input module includes a power supply 
with an isolated ground. 

50 In a system for transmitting and distributing audio or video information 
eomprisng a plurality of input modules arranged in series aterg at least one chant 
of high speed serial dam links mat end with a master module, said system tether 
jnduding one or more output modules and a protocol, a method compnsmg: 
receiving, at each input module, mixing instructions addressed to that 
module; 

passing, at each input module, a signal mixed in accordance with the 
instructions to the next input module in the chain; and 

automatically enumerating, with the protocol, each audio channel of at least 
one of the input modules in a manner mat assigns the each audio channel of the at 
leas , one input module to a given channel regardless of me order in which the mput 
modules are connected along the chain. 

51 A system for tnmsmit^^ . 
comprising a plurality of input modules arranged in series along at least one cham 
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of high speed serial data links that end with a master module, said system further 
including one or more output modules and a protocol, comprising: 

means for receiving, at each input module, mixing instructions addressed to 
that module; 

means for passing, at each input module, a signal mixed in accordance with 
the instructions to the next input module in the chain; and 

means for automatically enumerating, with the protocol, each audio channel 
of at least one of the input modules in a manner that assigns the each audio channel 
of the at least one input module to a given channel regardless of the order in which 
the input modules are connected along the chain. 

52. A system for transmitting and distributing audio or video information 
comprising a plurality of input modules arranged in series along at least one chain 
of high speed serial data links that end with a master module, said system further 
including one or more output modules, wherein each input module receives mixing 
instructions addressed to that module and then passes a signal mixed in accordance 
with the instructions to the next input module in the chain; wherein each input 
module in the chain has a defined delay that is used to maintain a final mix in a time 
aligned format. 

53. The system of claim 52, wherein the mixed signal includes data signals that 
are in Ethernet format and are repeated along the input modules in a daisy-chained 
topology. 

54. The system of claim 52, wherein each input module includes a power supply 
with an isolated ground. 

55. In a system for transmitting and distributing audio or video information 
comprising a plurality of input modules arranged in series along at least one chain 
of high speed serial data links that end with a master module, said system further 
including one or more output modules, a method comprising: 
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receiving, a, each mpu. module, .nixing instructions addressed to ma, 
module; and 

passing, a, each input module, a signal mixed in accordance with toe ^ 
format. 

56 A system for transmitting and distributing audio or video "on 

including one or more output modules, a method comprrsnrg: 

m eans for receiving, a, each input module, mixing instructions addressee to 
that module; and 

format. 

57 A system for transmitting and distributing audio or video •«*■"*- 

.east one chain of high speed serial data links, .heron each recerver can P 
common setofdigi^ channels genemtedbya^nerand^h^^ 

its own user adjustable mix based on one or more signals horn tire common sc. 
digital channels. 

s 8 The system of claim 57 , wherein the signals include dam signals ma. are in 

59 . Thesystemof claim 57, wherein eachrecciver includes a power supply wim 
an isolated ground. 
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60. In a system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speed serial data links, a method comprising: 

tapping into, at each receiver, a common set of digital channels generated by 
a transmitter; and 

creating, at each receiver, its own user adjustable mix based on one or more 
signals from the common set of digital channels. 

61 . A system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speed serial data links, comprising: 

means for tapping into, at each receiver, a common set of digital channels 
generated by a transmitter; and 

means for creating, at each receiver, its own user adjustable mix based on 
one or more signals from the common set of digital channels. 

62. A system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speedy serial data links, wherein each receiver can tap into a 
common set of digital channels generated by a transmitter and each receiver creates 
its own user adjustable mix based on one or more signals from the common set of 
digital channels, and wherein each receiver employs a digitally controlled analog 
master audio gain control that automatically adjusts itself to keep an overall output 
volume constant when an individual channel's volume is raised to its maximum 
digital level and the system automatically lowers the digital volume levels of all 
other channels and raises the master gain, thereby effectively raising the volume of 
the channel that is at its maximum digital level thus allowing greater dynamic range 
control of the digital mix. 

63. The system of claim 62, wherein the signals include data signals that are in 
Ethernet format and are repeated along the receivers in a daisy-chained topology. 
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64. The system of claim 62, wherein each receiver includes a power supply with 
an isolated ground. 

65 In a system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speed serial data links, a method compnsmg: 

tapping into, at each receiver, a common set of digital channels generated by 
a transmitter; 

creating, at each receiver, its own user adjustable mix based on one or more 
signals fiom the common set of digital channels-, and 

employing, at each receiver, a digitally controlled analog master audio gain 
eontrol that automatically adjusts itself to keep an overall output volume constant 
when an individual channel's volume is raised to to maximnm digital level and the 
system automatical lowers the digital volume levels of all other channels and 
raises ore master gam, thereby effectively raising Are volume of the channel that ts 
at its maximum digital level thus allowing greater dynamic range control of the 
digital mix. 

66 A system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speed serial data links, comprising; 

means for tapping into, a. each receiver, a common set of digital channels 
generated by a transmitter; 

means for creating, at each receiver, its own user adjustable mix based on 
one or more signals from the common set of digital channels; and 

means for employing, at each receiver, a digitally controlled analog master 
audio gain control that automatically adjusts itself to ke*p an overall output volume 
constant when an individual channel's volume is raised to its maximum dtgttal level 
attdthe system automatically lowers the digital volume levels of all outer channels 
and raises the master gain, thereby effectively raising the volume of the channel mat 
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is a. its maximum digM level ^ moving ^ dynam . c con(ro) 
digital mix. 

67. A system for transmitting and distributing audio or video information 
oompnsmg a multi-ohannel input module and multiple receivers arranged along a, 
leas, one ehain of high speed serial data links, wherein e*ch receiver can tap into a 
common set of digital channels generated by a transmitter and each receiver can 
output one or more signals torn the common set of digital channels 
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